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Acoustic Source Localization Using Straight Line Approximations
Swarnadeep Bagchi, Ruairí de Fréin
Technological University Dublin

Abstract
The short paper extends an acoustic signal delay estimation method to general anechoic scenario using
image processing techniques. The technique proposed in this paper localizes acoustic speech sources by creating a matrix of phase versus frequency histograms, where the same phases are stacked in appropriate bins.
With larger delays and multiple sources coexisting in the same matrix, it becomes cluttered with activated
bins. This results in high intensity spots on the spectrogram, making source discrimination difficult. In this
paper, we have employed morphological filtering, chain-coding and straight line approximations to ignore
noise and enhance the target signal features. Lastly, Hough transform is used for the source localization.
The resulting estimates are accurate and invariant to the sampling-rate and shall have application in acoustic
source separation.
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Introduction

We wish to extend a delay estimation technique, called the tiled-Elevatogram [de Fréin, 2017] to general anechoic mixtures. In terms of large delay estimation, this technique is more efficient than many existing methods
[Chen et al., 2004]. A stereo mixing scenario consist of J discrete time sources, s 1 [n], s 2 [n], . . . , s J [n]. The
Elevatogram technique performs delay estimation of a single source, s j [n]. It assumes that s j [n] is physically
P
close to any one sensor and uses the mixing model: x 1 [n] = s j [n] and x 2 [n] = Jj =1 a j s j [n − δ j ]. The delay
δ j is measured in samples. In this paper, we evaluate the the candidature of this method in normal anechoic
condition given as:
x 1 [n] =

J
X

s j [n]

(1)

a j s j [n − δ j ]

(2)

j =1

x 2 [n] =

J
X
j =1

1.1

The Elevatogram Technique

The transform of choice for Time-Frequency (TF) representation is synchronized short-Time Fourier transform
(sSTFT) [de Fréin and Rickard, 2011]. It provides the mapping of x 1 [n] as: X1 : x 1 [n] ∈ R 7→ X1 [k, τ] ∈ C, where
k and τ are the discrete frequency and time indices, respectively, where 1 ≤ k ≤ K , and 1 ≤ τ ≤ T . Similarly,
x 2 [n] is represented as X2 [k, τ]. We have considered a two source scenario. The Elevatogram multiplies the
two TF representations element-wise, X̂ = X1 ⊙ X2 , where X ∈ CK ×T and X2 is the complex conjugate of X2 . The
phase of matrix X̂ is defined as ̸ X̂. It quantizes a phase range where each level in the range is denoted by φ̂.
These levels are the phase bins. The range is divided into L uniformly spaced levels. The levels are spaced with
a gap of ∆. For each discrete frequency, k , in the TF representation, a phase histogram is constructed. This
categorizes the phase content by stacking the same phase measurement in relevant bins. A set of TF bins, I k ,
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Figure 1: The delays, δ j are in samples. The slanting lines are observed for real speech utterances, where each
line corresponds to a source, s j [n]. The larger the delay, the more often the lines get phase wrapped. They
indicate the energy concentration of a particular phase bin as a function of frequency.
contributing to a particular phase bin, φ̂, is given as: {I k := [k, τ] : |φk,τ − φ̂| ≤ ∆}. This process is repeated for
all available frequencies K . The result is a phase-frequency matrix denoted by P ∈ RL×K , called the Elevatogram
(Figure 1). Then a source can be localized in delays using:
δest = −

K
tan(φ).
L

(3)

The two bright lines correspond to the two sources, s 1 [n] and s 2 [n]. Given a sampling rate of F s = 16
kHz for real speech utterances, Figure 1(a) depicts a line which horizontally bisects the plane in two halves
corresponding to a source incurring a delay, δ1 = 0 samples. The other line which slants to 8 kHz corresponds to δ2 = 1 samples. This phenomenon depicts that the sources get phase wrapped at 8 kHz. A delay of one sample causes a source to get phase wrapped at F22 kHz location on the frequency axis. In Figure 1(b), the sources with delays δ1 = 2 and δ2 = 4 samples get phase wrapped at 4 kHz and 2 kHz, respectively. It is also observed here that source s 2 [n] get the first jump at 2 kHz and the next time at 6 kHz.
In this case, the 2 kHz is the fundamental phase wrap location. Likewise, two sources incurring delays of
δ1 = 16 and δ2 = 8 samples having their fundamental jumps at 1 kHz and 0.5 kHz, respectively (Figure 1(c)).
Doubling of delays cause the sources to be phase wrapped at fundamental locations decreased by a factor of 2 (Table 1). The parallel lines on
the Elevatogram are indeed a single line, but broken into parts owing to Delays (samples) Frequency (kHz)
Fs
phase wrapping. The larger the delay, more frequently the sources un1
2
dergo the phase jumps. Now, inspired by the classical Hough transform
Fs
2
4
[Bhuyan, 2019], the objective of the Elevatogram technique is to find a
Fs
set of most significant collinear points forming a straight line. This is
4
8
done by the voting procedure, parameterizing the elevatogram matrix,
Fs
8
16
P ∈ RL×K , by distance-angle, ρ − φ, to determine the accumulator cell
Fs
16
value that receives the highest vote. With increased delays and multiple
32
constituent sources in the mixture, it becomes difficult to identify the set
Fs
32
64
of collinear points.
Fs
64
This paper proposes a strategy to inpaint the set of most significant
128
collinear points on the Elevatogram.
Table 1: Doubling of the delay
causes a source to be wrapped at
2 Method
the fundamental frequency location,
Pre-processing of data includes skeletonizing the elevatogram, P. We
which decreases by a factor of 2.
smooth it using a 2×2 average mask. Performing morphological filtering
on it, we thin down the lines (Figure 2). Lastly, applying spur operation empirically, lines branching from the delay-lines, shorter than 5 pixels in length are removed. The portions excluded contain no significant information. The minimized skeleton is of few pixel thick. These lines
slant diagonally from left to right as shown in the last diagram of Figure 2. We call these as delay-kinesics.
Owing to increase in delays and less power, a j , of the sources, these lines tend to get mishaped. Our goal is
retrieving these delay-kinesics by inpainting these minimized lines on the Elevatogram. Using chain coding,
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Figure 2: The middle figure is the grayscaled version of the Elevatogram (LHS figure) after morphological
filtering. In the RHS figure, we zoom in the portion marked in green on the middle figure. Here, the two
sources get phase wrapped first at locations 1000 Hz and 500 Hz. These lines are known as delay-kinesics.
we find the direction of the delay kinesics. We consider the Elevatogram to be a part of the fourth quadrant
of a Cartesian coordinate system. Our move starts from the origin, traversing down to the boundary of the
matrix along the slanted line. Inspired by Directional Freeman Chain Code of Eight Directions (DFCCE)
[Bhuyan, 2019], we divide each state of our move, from ’0’ to ’7’ directions. The next move can be in any
one of these directions (Figure 3). If the total number of moves required to reach the edge of the Elevatogram
is M , and each level has seven Degrees of Freedom (DOF), this makes the aggregate available DOFs equal
to 7 × M . Our proposed approach quantitizes the Elevatogram by this quantity resulting in limited resolution
for delay estimation. The drawback of the quantization method is that two straight lines located very close
to one another as they reach the frequency axis, shall be difficult to be discriminated. Our proposed method
shall consider these two as a single line resulting in erroneous source localization. For achieving a straight line
approximation, we start at any random coordinate near the origin that contains a “dark” pixel. Then we search
for a neighbouring “dark” pixel within a sub-matrix of dimensions 2 × 2. Searching within a small enclosure
ensures that the lines bifurcate. This is done in parallel. Each crawl along the line directions corresponds to a
unique delay-kinesic. If we are unable to find a neighbouring dark pixel within this sub-matrix, we increase its
size to maximum of 5 × 5. If we are unable to find it within this, then we assume that no significant straight line
exists in that direction. We change our direction of search. This implies that the image pre-possessing steps
do not split a line by more than 5 pixels. Once we reach the boundary of the elevatogram, the corresponding
pixel is connected to the origin using a straight line approximation. Discrimination between the two sources is
based upon the assumption that they are at least apart by 40 pixels horizontally at φ = 2 rads on Figure 3. Our
objective is to construct an inpainted Elevatogram. We observe in the original Elevatogram, Figure 1(c), that a
set of parallel lines correspond to a source. Once we derive Figure 4(a), we calculate the slope, m , pertaining to
the two sources in it. The subsequent parallel line starts where the previous line ends. The coordinates of this
y −y
line is computed using the formula: m = x22 −x11 . The only unknown is y 2 . We notice that x 1 = 1 and x 2 = L . The
subsequent parallel lines are calculated in the same procedure and then they are inpainted in a separate matrix
as depicted in Figure 4(b). We thicken each line corresponding
to a source in the inpainted Elevatogram by 8 pixels.
Chain-Code Representation

Experiments and Results
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Experiments are conducted using real speech utterances
3
from the TIMIT database. They are sampled at a rate of
4
F s = 16 kHz, [Garofolo, 1993]. A K -sample FFT Ham5
6
ming window is used where K = 2048. The number of
7
phase quantization levels are L = 100. Keeping the window Figure 3: Each code in 0 − 7 corresponds to a parlength higher is to obtain a significant differential between ticular direction.
the two lines as they fall on the frequency axis. In Figure 3,
the lines located at 500 Hz and 1 kHz could not have been appropriately ascertained if K was small. It would
have looked liked a contorted phosphorescence of high intensity pixels. A straight line approximation of the
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sources is given in Figure 4. In our mixture, we have considered actual delays as δ1 = 16 and δ1 = 8. We
perform the traditional Hough transform for the inpainted image (Figure 4(b)). The prominent peaks are at
φ = 2.49 and φ = 2.77 rads (Figure 4(c) and Figure 4(d)). Now, substituting these values in Eqn. 3, we get
2048
δest1 = − 2048
100 tan(2.49) = 15.6 samples and δest 2 = − 100 tan(2.77) = 7.94 samples. The error variance between
actual δ and estimated δest are 0.4 and 0.06 samples, respectively.
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Figure 4: From the delay-kinesics in (a), we develop the inpainted Elevatogram (b). Hough Transform of (b)
yields the accumulator matrix in (c). Two most prominent peaks are observed in (d) at φ = 2.49 and 2.77 rads.
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Conclusion and Discussions

This paper deals in acoustic source localization using image processing techniques. We have performed the
same experiments by down-sampling the speech utterances from a sampling rate of F s = 16 kHz to F s = 4
kHz. The location of the fundamental phase jump remains the same and is unchanged with the sampling rate.
They are invariant to the attenuation coefficients of the source signals. Our technique can be applied to speech
signals of low sampling rates. The limitation of the chain-coded Elevatogram compared to the original tiledElevatogram is that it is quantizes a set of delays. This results in a limited resolution for delay estimation.
Unlike the tiled-Elevatogram, our chain-code approach performs unsatisfactorily for high delay estimates as
the lines get so steep that it is impossible to differentiate the sources.

Acknowledgments
This paper has emanated from research supported in part by a Grant from Science Foundation Ireland under
Grant number 18/CRT/6222 and Grant Number 15/SIRG/3459.

References
[Bhuyan, 2019] Bhuyan, M. K. (2019). Computer vision and image processing: Fundamentals and applications. CRC Press.
[Chen et al., 2004] Chen, J., Huang, Y., and Benesty, J. (2004). Time delay estimation. Audio signal processing
for next-generation multimedia communication systems, pages 197–227.
[de Fréin, 2017] de Fréin, R. (2017). Tiled time delay estimation in mobile cloud computing environments. In
IEEE ISSPIT, pages 282–287.
[de Fréin and Rickard, 2011] de Fréin, R. and Rickard, S. T. (2011). The synchronized short-time-Fouriertransform: Properties and definitions for multichannel source separation. IEEE Trans. Sig. Proc., 59(1):91–
103.
[Garofolo, 1993] Garofolo, J. S. (1993). TIMIT acoustic phonetic continuous speech corpus. Linguistic Data
Consortium, 1993.

